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Description 

The present invention relates to a method for measuring an acoustic transmission characteristic 
between sound sources and a predetermined listening point such as inside a vehicle. 

In order to measure the acoustic transmission characteristic in a given sound field, heretofore a 
method has generally been employed whereby a dummy head on the ears of which microphones are 
arranged is set at the listening point, and the characteristic is determined from the outputs of the 
microphones. 

However, this measuring method is disadvantageous in that when a real person is prsent in the sound 
field, the sound field is disturbed by the sound absorption of the person's clothes and body, and this effect 
cannot be measured. Especially in the case of a restricted sound field such as that inside a vehicle the 
sound field characteristic when no person is present in the sound field is greatly different from the sound 
field characteristic provided when a person is present. Moreover, with this method, it is rather difficult to 
integrally evaluate a sound field including a plurality of sound sources. Also, integrated measurement 
15 results including various effects of the ears, such as directionality and the additional effect, cannot be 
obtained using this method. 

Moreover, since the dummy head has the directional pattern which changes intricately with frequency 
and the dummy head is comparable in size with the wavelengths of the audio frequency sounds and the 
dummy head has both right and left ears, it is difficult to accurately evaluate a sound field according to the 
conventional method in a case where the sound sources are sequentially driven. 

The invention further relates to automatic graphic equalizers, and more particularly to an automatic 
graphic equalizer in which a test signal is used to measure a frequency characteristic in a sound field, and 
the test result is utilized to automatically control the graphic equalizer. 

A conventional device of this type is constructed as shown in Figure 1. In Figure 1, right and left 
25 channel audio signals together with a "pink" noise signal from a pink noise generating source 3-8 are 
applied to a signal applying and selecting switch 3-1. The two audio signals are subjected to frequency 
characteristic control by a graphic equalizer 3-2, and then applied through amplifiers 3-3R and 3-3L to 
loudspeakers 3-4R and 3-4L, respectively, thus producing sound radiated inside a vehicle, for instance 
The sound thus radiated is received by a microphone 3-5, and the output signal of the microphone 3-5 
30 is applied to a frequency characteristic measuring section 3-6 where the signal is divided into frequency 
bands. Level detection is carried out for every band, as a result of which d.c. data values corresponding to 
the signal powers in the various bands are obtained. These data values are converted into digital data 
which is sequentially stored in a controller 3-7, implemented with a microcomputer. The band 
characteristics of the graphic equalizer 3-2 are automatically controlled according to the digital data thus 
35 stored. 

Figure 2 shows an example of the frequency characteristic measuring section 3-6. The output signal 
from the microphone 3-5 is applied through a microphone amplifier 3-9 to a frequency-band dividing BPF 
(bandpass filter) 3-10. The outputs of the BPF 3-10 are converted into d.c. signals by a rectifying circuit 3-1 1 
and a smoothing circuit 3-12. One of the d.c. signals at a time is selected by a switch 3-13 and applied to an 

40 A/D (analog-to-digital) converter 3-14. 

It is assumed that the above-described circuit provides a frequency characteristic as shown in Figure 
3A. In this case, the graphic equailizer 3-2 is adjusted so that the sound field frequency characteristic is flat 
whereupon data values D„ D 2 ,... and D n (n=5 in Figure 3A) are obtained. For this purpose, the graphic 
equailizer 3-2 should be adjusted so as to have a characteristic as shown in Figure 3B. 

45 In order to obtain adjustment data vulues G n (n=1 through 5) as shown in Figure 3B, the following 

calculations are carried out by the controller 3-7. 



so 



55 



5 

Dav= * D./5, 

n=1 

AD n =D n — D^, and 
G n =-ZD n (n«1 through 5). 



The frequency characteristic in the sound field is made substantially flat by controlling the graphic 
equalizer 3-2 with the adjustment data G n . Under this condition, the application of the pink noise is 
suspended and the switch 3-1 is operated to apply the audio signals. HOwever, instead of this method the 
application of the pink noise may be continued, the frequency characteristic measurement carried' out 
eo again, and according to the measurement result, adjustment performed again. In order to take maximum 
advantage of the dynamic range of the A/D converter, the microphone amplifier 3-9 is designed so that the 
amplifier gain is controlled by the controller 3-7. However, it may be replaced by an amplifier havinq an 
ALC (automatic level control) function. y 
In the above-described conventional device, the measuring microphone 3-5 is built into the system, 
65 and the number of microphones is limited to only a single one. Therefore, the device often suffers from the 
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difficulty that the frequency characteristic at the listening point does not coincide with that at the position of 
the microphone. In the case where the measurement is carried out with one microphone set at the listening 
point, the acoustic waves travel along paths 3-41 and 3-42 to reach the microphone, as shown in Figure 4A. 
However, since the person listens to the sound with both ears and there are paths 3-43 and 3-44 in Figure 
5 4B in addition to the aforementioned paths 3-41 and 3-42, the person hears the sounds as the sum of these 
waves. Accordingly, the frequency characteristic measured with only one microphone does not match well 
with the actual hearing frequency characteristic. 

Still further, the invention relates to an automatic sound field correcting system for automatically 
correcting a frequency characteristic in a listening space as desired. 
'0 An example of a conventional automatic sound field correcting system is shown in Figure 5. In this 
system, an audio signal outputted by a signal source 4-1 such as a tape deck is supplied to one input of an 
adder 4-2, to the other input of which the output of a test signal generator 4-3 is connected. The test signal 
generator 4-3 generates a test signal, such as a "pink" noise signal, having a known characteristic. The 
output terminal of the adder 4-2 is connected to a graphic equalizer 4-4 having a plurality of adjustment 
is bands. The output terminal of the graphic equailizer 4-4 is the output terminal of the system. The output 
terminal is connected to a power amplifier 4-5 in an acoustic reproduction device. The power amplifier 4-5 
drives a loudspeaker 4-6. 

Sound radiated from the loudspeaker 4-6 is detected by a microphone 4-7, the output terminal of which 
is connected to a frequency characteristic detecting circuit 4-8. The circuit 4-8 has a plurality of BPFs 
*o (bandpass filters) having different passbands for detecting the frequency characteristic in the sound field 
according to the output signal of the microphone 4-7. The frequency characteristic detecting circuit 4-8 is 
connected through an NO (ana log -to-digital) converter 4-9 to a control circuit 4-10. The control circuit 4-10, 
implemented with a microcomputer, controls the operation of the test signal generator 4-3 and the gain 
levels of the adjustment bands of the graphic equalizer 4-4. 

In this circuit, in response to an automatic sound field correcting instruction from a keyboard {not 
shown) or the like, the control circuit 4-10 causes the test signal generator 4-3 to operate. As a result the 
test signal is applied through the adder 4-2 to the graphic equalizer 4-4. In this operation, the application of 
the audio signal to the adder 4-2 from the signal source 4-1 is suspended, and the output frequency 
characteristic of the graphic equalizer is made flat with the gain levels of the adjustment bands being made 
equal. The test signal outputted by the graphic equalizer is applied through the power amplifier 4-5 to the 
loudspeaker 4-6, as a result of which sound corresponding to the test signal is radiated in the listening 
space from the loudspeaker 4-6. At the listening point, the microphone 4-7 detects the sound pressure of 
the test signal reproduced sound to provide a sound pressure signal, which is supplied to the frequency 
characteristic detecting circuit 4-8. The circuit 4-8 detects the sound pressure signal level according to the 
35 adjustment bands of the graphic equalizer 4-4, and the resultant detection level are converted into digital 
data by the A/D converter 4-9. The digital data is applied to the control circuit 4-10. The control circuit 4-10 
detects the frequency characteristic of the detected sound pressure signal i.e., the frequency characteristic 
in the sound field according to the digital data, controls the gain levels of the adjustment bands of the 
graphic equalizer 4-4 so that the frequency characteristic in the sound field becomes flat, and then stops the 
4o operation of the test signal generator 4-3. Thus, automatic sound field correcting operation has been 
accomplished. 

In general, when a person listens to reproduced sound in a listening space, the effects of the head, the 
face, the ears, etc. cannot be neglected. However, if the listening space, the signal source, the power 
amplifier, the loudspeaker, etc., have no element which may disturb the sound field frequency 

<5 characteristic, it can be assumed that the sound field frequency characteristic is relatively flat. On the other 
hand, it is obvious that it is better to perform sound field correction under the practical condition that a 
person is present in the listening space. When automatic sound field correction is carried out in an ideal 
listening space in the same manner with the microphones of the microphone unit 4-7 is set at the inlets of 
the external auditory canals as shown in Figure 6, the sound field correction is affected by the head, the 

so face, i.e. ears, etc. As a result, the sound field frequency characteristic obtained from the output signal of 
the frequency characteristic detecting circuit is different from that which is obtained in the case where a 
single microphone is used, for instance, the resultant frequency characteristic may not be flat, being 
irregular especially in the high frequency range, as indicated by the solid line a in Figure 7. If the graphic 
equailizer 4-4 is adjusted so that its frequency characteristic is opposite to the frequency characteristic 

55 indicated by the solid line a, theoretically the sound field frequency characteristic is made flat. However, 
this method suffers from the problem that the sound produced according to the method produces a slightly 
unnatural auditory sensation. 

Yet moreover, the invention relates to acoustic characteristic measuring device for measuring the 
acoustic characteristic between a plurality of sound sources provided in correspondence to a plurality of 

60 channel signals and a listening point at which a person listens to reproduced sounds from these sound 
sources. 

A conventional acoustic characteristic measuring device of this type is as shown in Figure 8. 
As shown in Figure 8, a pair of loudspeakers 5-1 R and 5-1 L are provided at the right and left sides in a 
room A. A signal outputted by a signal generator 5-2 is applied through a changeover switch 5-3 to the 
65 loudspeaker 5-1 R or 5-1 L The changeover switch 5-3 is operated so that the signal is applied through a 
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transmission characteristic correcting device 5-4L such as a graphic equalizer and an amplifier 5-5L of the 
left loudspeaker 5-1 L f or it is applied through a transmission characteristic correcting device 5-4R and an 
amplifier 5-4R to the right loudspeaker 5-1 R. The signal outputted by the signal generator 5-2 may be a pink 
noise signal, impulse signal, white noise signal, warble tone signal, or sine wave signal. 

5 In order to measure the transfer function as the sound field formed by sound reproduced by the 

loudspeakers 5-1 R and 5-1 L, or in order to electrically correct the sound field characteristic according to the 
measurement results, a nondirectional microphone 5-6 is set at a certain point (such as a listening point 
where a person listens to sound from the loudspeakers 5-1 R and 5-1L) in the sound field. The output of the 
microphone 5-6 is displayed on a display unit 5-7 to measure the sound pressure versus frequency 

10 characteristic. 

A stereo acoustic reproduction system of more than one channel uses more than one loudspeaker, and 
there are generally available two acoustic characteristic measuring methods. In one of the methods, the 
measurement is carried out by applying the same phase signal to more than one signal source, and in the 
other method, the measurement is performed for each of the signal sources. In the former method, signals 
15 from the loudspeakers are subjected to vector addition at the position of the microphone, and the result of 
the vector addition is outputted as a sound pressure signal received by the microphone. In the latter 
method, the signals are outputted as separate sound pressure signals which the microphone receives from 
the two separate loudspeakers. 

In the above-described conventional device, a single-point measurement is carried out in which only 
20 one microphone is installed in the sound field in which no person is present However, of course there is a 
person present in an actual sound field. When a peson is present in the sound field, the sound field is 
disturbed by the person's body. Moreover, the directional pattern of human ears can differ greatly from 
person to person. Therefore, it is difficult to perform measurements which yield optimum listening 
conditions for all persons. In the case of stereo reproduction, it is difficult to measure a synthetic 
25 characteristic. Furthermore, in the case where, as in a mobile acoustic device, the listening point is 
symmetric in position, it is considerably difficult generally to evaluate the sound field with two transfer 
functions in the paths from the loudspeakers to the listening point converted into one. 

The article "Entstehung eines Kunstkopf systems" in Funkschau, no 7, April 1982, discloses the use of a 
dummy head/receiving system for making acoustic measurements. 
30 QB — A — 2033689 discloses a graphic equailiser with a spectrum analyser, but specifically teaches the 
use of a single microphone for spectral analysis. 

GB — A— 2068678 discloses a digitally controlled equaliser which enables correction of an audio signal 
to be made so as to compensate for the non-flat response of the acoustic environment of the audio 
apparatus. 

In view of the foregoing, an object of the invention is to provide a method of measuring an acoustic 
characteristic inside a vehicle which can accurately evaluate the sound field inside the vehicle. 

According to the present invention, a method for measuring an acoustic transmission characteristic 
between sound sources and a predetermined listening point in a vehicle is characterised in that a dummy 
mannequin similar in structure to an actual human body and having a surface sound absorbing 
characteristic substantially equal to an average sound absorbing characteristic of a clothed human body is 
set at the listening point, microphones are set at ears of the dummy mannequin and outputs of the 
microphones are utilized to measure the acoustic transmission characteristic. Preferably, random or quasi- 
random noise signals not correlated with one another in a plurality of channels are employed as source 
signals for driving a plurality of sound sources. Also preferably, a received sound output characteristic at a 
45 listening point is obtained according to the average of the sum of output signals of microphones set at the 
ears of a dummy head positioned at the listening point, and an acoustic transmision characteristic between 
the listening point and the sound source is measured according to the difference between the received 
sound output characteristic and a transmission characteristic before the sound sources are driven. 

Another object of the invention is to provide an automatic graphic equalizer in which the frequency 
50 characteristic in a sound field is detected by receiving a test signal through two microphones set at 
respective ear positions, thereby to obtain a characteristic in conformance to the actual hearing sensation. 

In accordance with this object, another feature of the invention resides in an automatic graphic 
equalizer which comprises: means for applying a test signal to first and second channel audio signal lines; 
graphic equalizer means provided in the audio signal lines, the graphic equalizer means having an 
adjustable frequency characteristic; first and second loudspeakers for radiating channel outputs of the 
graphic equalizer means in a predetermined sound field; a microphone unit for detecting sound in the 
sound field; and control means for controlling the frequency characteristic of the graphic equalizer 
according to the level of a detection signal provided by the microphone unit, the microphone unit 
comrpising first and second microphones which are set at the ear positions of a person in the 
go predetermined sound field. 

A still further object of the invention is to provide an automatic sound field correcting system which, 
with microphones set at the ears of a listener, corrects the frequency characteristic in a sound field so that 
the listener will perceive the sound as natural. 

Fulfilling this object, a specific feature of an automatic sound field correcting system of the invention 
resides in that the system comprises compensating means provided in a line through which a test signal is 
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supplied to an electro-acoustic transducer means such as a loudspaker to compensate the sound field 
frequency characteristic for loss of naturalness in hearing sensation 

Another object of the invention is to eliminate the above-described difficulties accomoanvino a 
l°ZTT n a l aC °T C c K haracteris « c measuring system. More specifically, an object oTthV?n3ion te to 
provide an acoustic characteristic measuring system which can accurately evaluate a sound field in 
agreement with the auditory perception of an actual person 

r™£JXZ°l ?J£Z f° characteris V c Touring system according to this aspect of the invention 
J stereo acoustic reproduction system including a plurality of sound sources provided in 
ht 6 f 6 1£> ? P ,ura,lt y °f *annel signals, a measuring system is provided with has microphones set 
rinrort? 3 ^ 1 h fl bod V' dumm V mannequin, or dummy head located at a listening point where 

reproduced sound from the sound sources are listened to, and the outputs of the microphones is utilized to 
measure an acoustic characteristic between the listening point and the sound sources 
In the drawings: — 

Figures 1 and 2 are block diagrams of conventional automatic graphic equalizers- 
Figures 3A and 3B are diagrams showing characteristics of the devices of Figures 1 and 2- 
Figures 4A and 4B are illustrative diagrams used to describe drawbacks accompanying the 
conventional devices of Figures 1 and 2; «.u»ip*nying wie 

Figure 5 is a block diagram of a conventional automatic sound field correcting system- 
RgurelVT ,S a " eXp,anat0rY dia 9 ram indicating the arrangements of microphones used in the system of 

tho SmtH ,S 3 9 [ aphio f 1 ^Presentation indicating a sound field frequency characteristic detected with 
Rn^f ^c^K. H m F ' 9Ur l 6 ' 3nd 3 SOUnd fie,d ^"ency characteristic opposite the former; 
Figure 8 is a block diagram showing a conventional acoustic characteristic measuring system- 

systeSTthe S inven°^n 9ram Sh ° Wing a P referred embodiment of an acoustic characteristic measuring 
Figure 10 is a diagram showing a sound absorbing characteristic of a clothed adult human- 
Figure 11 is a block diagram showing an automatic graphic equailizer of the invention- 

devXown in Figure depi ° tin9 3 micro P none which can be employed with the 

Figures 13 through 16 are block diagrams of automatic graphic equailizers of the invention; 
r 9 .. 1 !^ « 18 3 w ,<K ? dia 9 ram showing an automatic sound field correcting system of the invention; 
Figure 18 is a block diagram of another automatic sound field correcting system of the invention; and 

r-uJj^l- tnrou 9 h 21 are block diagrams showing respective embodiments of an automatic 

characteristic measuring system of the invention. 

drawing's*"^ embodiments of tne inv ention will be described with reference to the accompanying 

an . £i Sh ° wn " 9ure 9 ' a pair ? f loudspeakers 1-1R and 1-1L are arranged as sound sources on the right 
and left sides of the front region inside a vehicle, and a pair of loudspeakers 1-2R and 1-2L are arranged as 
sound source on the right and left sides of the rear region inside the vehicle. A dummy mannequin 1-4 (only 

Sf JS „° Wh ' C K 'l Sh T^.' S Mt at 8 ,istening P° int wnere sound reproduced by these four-channel 
leadspeakers can be heard Microphones 1-3R and 1-3L are placed at the ears of the dummy mannequin 1- 
* The dummy mannequin 1-4 is similar in structure to a human body, having a trunk, legs, etc. The dummy 
mannequin is designed so that the sound absorbing characteristic of its surface is substantially equal to the 
average sound absorbing characteristic of a clothed human body. Figure 10 indicates the sound absorbing 
„o/if C i e ^ ,C 8 , cl ° thed u . adult L human bod/, obtained according to a method based on a reverberation 
method. The sound absorbing characteristic depends on the type of clothes worn, and therefore it may vary 
as indicated by an arrow in Figure 10. By dressing the dummy mannequin similarly to a real human body 
the dummy mannequin can be made to have a sound absorbing characteristic substantially equal to that of 
a clothed real human body. 

In order to individually drive the four-channel loudspeakers 1-1L, 1-1R, 1-2Land 1-2R, noise generators 
1-6 through 1-9 are provided. Random noise signals (or quasi-random noise signals) such as white noise 
signals generated by the noise generators 1-6 through 1-9 are amplified by amplifiers 1-10 to 1-13 and 
applied as source signals to the loudspeakers 1-1L, 1-1R, 1-2L and 1-2R respectively. As the random noise 
signals of the vanous random noise generators are not correlated with one another, even if all the 
loudspeakers in the sound field are operated simultaneously, the sound pressure versus frequency 
characteristic is not made irregular by the distance differences between the microphones 1-3L and 1-3R and 
the loudspeakers 1-1L, 1-1R, 1-2L and 1-2R. Therefore, plural sound sources can be collectively evaluated 
by this method. 

The output signals of the microphones 1-3L and 1-3R at the ears of the dummy head 1-4 are subjected 
to addition by an adder 1-14, the sum output of which is applied to an analyzer 1-15. A received sound 
output characteristic at the listing point is then obtained by averaging the output of the adder and the 
acoustic transmission characteristic between the listening point (the dummy head) and the sources (the 
loudspeakers) is measured from the difference between the received sound output characteristic and the 
transmission characteristic provided before the sound sources are driven. 

As described above, the dummy mannequin 1-4 is used, and the received sound output characteristic 
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measured according to the average sum of the output signals of the microphones 1 -3L and 1 -3R at the ears 
of the dummy head, as a result of which the sound field can be expressed by a single transmission function. 
If the right and left channels have greatly different characteristics, a binaural effect occurs, and therefore 
the above evaluation may be somewhat insufficient in the sense of direction, etc. However, since a 
characteristic difference of the order of 3 to 6 dB in a narrow frequency range will not so greatly affect the 
overall evaluation, if the right and left ears are not greatly different in characteristic from each other, the 
evaluation using the average sum of the output signals of the microphones 1-3L and 1-3R is effective. 

As is apparent from the above description, according to this embodiment of the invention, a dummy 
mannequin similar in structure to a real human body and having a surface sound absorbing characteristic 
substantially equal to the average sound absorbing characteristic of a clothed human body is set at the 
listening point, and the acoustic transmission characteristic is measured according to the outputs of the 
microphones set at the ears of the dummy mannequin. Therefore, the measurement can be achieved under 
the same conditions as those in the case where an actual person is present in the sound field. Accordingly, 
even in a small sound field such as that inside a vehicle, the acoustic characteristic in the sound field can be 
^5 evaluated with high accuracy. Mkoreover, random noise (or quasi-random noise) signals not correlated 
with one another are employed as source signals for driving the plurality of sound source, which makes it 
possible to drive all the sound sources in the sound field simultaneously. Accordingly, the acoustic 
characteristic in a sound field including a plurality of sound sources can be generally evaluated. 
Furthermore, since the characteristic measured according to the sum of the output signals of the 
microphones at the ears of the dummy head, the measurement result is a composite one including the 
directivity of the ears and the summing effect. 

Figure 1 1 is a block diagram showing a preferred embodiment of an automatic graphic equalizer of the 
invention. In Figure 11, components corresponding functionally to those already described with reference 
to Figure 1 are designated by corresponding reference numerals. In Figure 11, reference numeral 3-61 
25 designates a switch for selectively applying the right and left channel audio signals or a pink noise signal 
(without the audio signals) to the graphic equalizer 3-2. When the pink noise is applied to the left channel, 
the right channel signal line is grounded, and when the pink noise is applied to the right channel, the left 
channel signal line is grounded. 

Further in Figure 11, 3-5L and 3-5R designate two microphones set at the ears of a listener. The 
30 microphones may be designed as shown in Figure 12, for instance. The output detection signals of the 
microphones 3-5L and 3-5R are selectively applied to the frequency characteristic measuring section 
through a switch 3-62. The other circuit arrangement is the same as in Figure 1. 

In measuring the frequency characteristic in a sound field, the controller 3-7 operates to turn on the 
pink noise generating source 3-8, to make the characteristic of the graphic equalizer 3-2 flat, and to cause 
35 the switch 3-61 to apply the pink noise signal to the left channel signal line. In this operation, no signal is 
applied to the right channel signal line. Next, the controller 3-7 causes the switch 3-62 to select the output of 
the microphone 3-5L, and, as in the case of the conventional device, stores the data corresponding to the 
signal powers in the various frequency bands. Thus, the data of the path a in Figure 11 is obtained. It is 
assumed that the data values for the frequency bands f„ f 2 ,... and f n are represented by D f1 . a , and 
40 Dfn-ar respectively. 

Next, the switch 3-62 is operated to select the output of the microphone 3-5R, and data is stored in the 
same manner. As a result, the data for the path b is obtained. It is assumed that these data values are 
represented by D n . b , D f2 ^... and D ffWb . The switch 3-61 is then controlled to apply the pink noise signal to the 
right channel signal line only. Under this condition, the switch 3-62 is operated to obtain the data value 
45 and D fn . d (n=1, 2, 4,...n) for the paths c and d from the outputs of the microphones 3-5L and 3-5R, 
respectively. Thus, the power conversion data for the paths a through d between the ears of the listener and 
the right and left channel microphones 3-5R and 3-5L are obtained. 

Since the listener perceives the sound as the sum of the acoustic outputs of the loudspeakers and the 
sound waves in the respective paths, the controller 3-7 determines a frequency characteristic in the 
so listening points by using values obtained by adding the data of the paths. 
That is, 

D f1 =D„_ a +D f1 _ b +D f1 . c +D f1 ^ 
Dm=D #n . a +D fn _ b +Dm-c+D fft -d 

55 Thus, the data values D,,, for each frequency band are obtained. If, with respect to the conventional 

device, D n is replaced by D to , then the remaining operations are the same as in the conventional device. 

In the above-described embodiment, a number of band-pass filters BPFs having different center 
frequencies are provided in the frequency characteristic measuring section 3-6. However, they may be 
replaced by a filter whose center frequency is changed stepwise by action of the controller 3-7. In the latter 

eo case, a so-called SCF (switched capacitor filter) is used, and an SCF-controlling clock pulse frequency is 
changed by the controller. Figure 13 is a block diagram showing an example of a frequency characteristic 
measuring section as described above. In Figure 13, reference numeral 3-63 designates the center 
frequency variable filter (SCF). 

In the above-described embodiment, a pink noise signal is employed as the test signal. However, it 

65 may be replaced by a warble tone signal. In the latter case, the BPF may be eliminated from the measuring 
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section, simplifying the block diagram of the system, as shown in Figure 14 

♦h*™*™ r^K^ *t k6r °" t PV t u s V stem "W be employed. In this case, in addition to the paths a through d, 
there are paths a' through d' between the microphones and the loudspeakers, as shown in Figure 15 In 
Rgure 15, reference numeral 3-64 designates a feeder circuit which divides each of the right and left 
channel lines into two systems and adjusts the difference in sound volume level therebetween, and 
reference numeral 3-65 designates a switch for performing on-off control of the loudspeakers 

First, the first system of the switch 3-65 is turned on, and with respect to the right and left channels of 
e mhn V HimT„f nd *" ^S^**™? ?* ™* the same operations as those fn the ?abov ^-described 

Z ?T d ?u t0 °J? m the data for tne paths a throu 9 h d - Next - the switch 3-65 is operated, 
and with respect to the right and left channels of the second system and the microphones 3-5R and til 

IZr^l accord,n 9 to frequency bands to obtain frequency characteristic data. The subsequent 
operations are carried out in the same manner as in the above-described embodiment 
.„ In * h e above-described embodiment, only one test signal generating source is provided- however as 
shown ,n Figure 16, two test signal generating sources 3-67 and 3-68 may be provided respectiveTy for the 
eft and nght channels. In the latter case, the two test signals may be outputted simultaneous w however 

oMn^nT^ 

E KSEJS*!?!? h 6 ? Qnal ' eV9n ,f the frequenc V characteristic in the listening space would be 
ettPnn»tinn Z ac * ordanc « the difference in distances along the paths (assuming the power 

33^Z^S^i.S therefore S ° metlmeS POWSr ° f the SVnthetiC S *na| 9 wouK not 

mirr^n^L 0386 *? ^ t6St S ' 9na,s are not correlated with each other, the output of each 

8?S™X P -S POrt, *° na J *° sum . of tne power in the paths, and the two test signals can be outputted 
simultaneously. The output of the microphone 3-5L is the sum of the data of the paths a and c and similariv 
£e output of the microphone 3-5R is the sum of the data of the paths b and d. Thereforl firS?? S? 

2S£m?^„^2S micro T p h hone 3 ' 5L < 2 ob,ain the data va,ue D - and then the mSS-SSSS ? s 

nn-sSn IS rff are ?. fc !i m . tbe above d . escri P tion > according to the invention, two microphones set at ear 
mo»c°™ ♦ S6d L° det ! t Ct th6 i eSt Si9nal ° r Signa,s - With tnis arrangement, the frequency characteristic 
ZVZ nnf Can * be performed accurately at the listening point, and the sound field connection «n be 
carried out in conformance with the actual auditory perception. 

r«f«™n^ m t« 0diment ^ f an L utom *! c sound field correcting system of the invention will be described with 
XZ£ V-X* I' "L F,gure "'.components corresponding functionally to those which have been 

^&tSSS^SS^ 9Ur l 5 the - e !? re des, '9 nated b V the same reference numerals. 
rirr.lt ! ?i Th termmal of tbe frequency characteristic detecting circuit 4-8 is connected to a compensating 
Si\ -V Th , 6 Tf""?? C ' rCUit 4 ' 11 18 com P° s ed °f an amplifier or attenuator having a frequency 
characteristic (as indicated by the broken line b in Figure 7) opposite to the sound field frSuenw 
ST St ' C obta,ne £ from the out P"t signal of the frequency characteristic detecting , c cult Sin tSe 
q Thl t!"'" 9 - SPa T The °"to"t signal of the compensating circuit 4-1 1 is supplied to the A/D converter 4 
9. The two microphones 4-7 are set at the ears of the listener as shown in Figure 6 

♦ho e L n i! he h aUt ° matiC S ^ Und - ie ' d . correctir, 9 s V stem of the invention, the other components are the same as 
those in the system shown in Figure 5. 

rnmlli^HK" 1 ^" 3 constructed ' t. he out Put 'evel of the frequency characteristic detecting circuit 4-8 is 
thTE™ th ! Y *f com i? ensat,n 9 c ! rcu, t 4-11. i.e., it is weighted. Therefore, with the effect! of the head, 
2£2 Mf k rS ' ? the J ,stener '"eluded in the output signal of the frequency characteristic detecting 
circuit 4-8 s being ^eliminated, the output signal of the circuit 4-8 isapplied through the A/D converter 4^9to 
the control circuit 4-10. Accordingly, in practice, the control of the gain levels of the adjustment bands of the 
b^^ t0 h make the S °r d fie ' d frequenCy ^""eristic flat in audio reproTction nled Tot 

? e mnT . U V 8nd tNe characte " st,c frequency is controlled so that it is made irregular in such a way as to 

SmSa?ng f °c;cuLT atUralneSS " heari " 9 ^ 33 mUCh 38 the ^mpen^on iy the 

^JZ^^.^V? ^ abo ye^escribed embodiment of the invention, the frequency characteristic 
detecting circuit 4-8 is of a type including a plurality of BPFs having different bandpass characteristics 
which can be selectively used, the output of each BPF should be connected to a compensating devt J ESh 
whol a !^K,° r . " 9 an T° U ^ ^compensation corresponding to Its central frequency. In the case 
r^rfnrmoHfn J^ I 18 am P lo y ed as the signal, in the compensating circuit 4-11, compensation is 
performed in an amount correspond.ng to the frequency of the warble tone. In this connection, a plurality 
S^l 8 .! 0 ' 8 °I am P |,fiers P r o vi din9 different amounts of compensation may be used in such a manner 
that the attenuators or amplifiers are selectively operated according to the frequency of the warble tone. 

in the above-described embodiment the compensating circuit 4-11 is connected between the 
&w n r charac to r,st "; detecting circuit 4-8 and the A/D converter 4-9. However, the invention is not 
limited thereto orthereby. That is, the same effects can be obtained by connecting the compensating circuit 
4-12 between the test signal generator 4-3 and the adder 4-2. ooungi.iri.uii 

As is apparent from the above description, in the automatic sound field correcting system according to 
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the invention, a device for compensating for unnaturalness in hearing sensation in the sound field 
frequency characteristic is inserted in the line through which the test signal is supplied to the electro- 
acoustic transducer or in the line of processing the output signals of the two microphones. Therefore bv 
discriminating the sound field frequency characteristic according to the output signals of the two 
5 microphones set at the ears of the listener, sound field correction can be achieved under practical 
conditions, and the audio reproduction can be performed so as to yield a characteristic providing excellent 
auditory sensation. a 

Figure 19 is a diagram showing another acoustic characteristic measuring system of the invention As 
shown in Figure 19, a pair of loudspeakers 5-1 1 R and 5-1 1 L are arranged at the right and left sides in a room 
w a. Sound reproduced by these loudspeakers forms a sound field in the room. 

A dummy mannequin 5-12 (only the head of which is shown) is set at the listening point where sound 
from the loudspeakers 5-1 1R and 5-1 1L can be listened to. Microphones 5-13R and 5-1 3L are set at the 
respective right and left ears of the dummy mannequin 5-12. 

The structure of the dummy mannequin 5-12 is similar to that of a real human body, having a body 
trunk, legs, etc. The surface of the dummy mannequin has a sound absorbing characteristic substantially 
equivalent to the average sound absorbing characteristic of a clothed human body, as shown in Figure 10 
and as discussed above. 

Instead of the dummy mannequin, a real human or a dummy head with the microphones 5-13R and 5- 
13L at the ears may be arranged at the listening point. 

Signal generators 5-14R and 5-14L are provided to individually drive the pair of loudspeakers 5-1 1R and 
5-1 1L, respectively. These signal generators 5-14R and 5-14L produce random or quasi-random noise 
signals such as pink noise signals or white noise signals which are not correlated with each other. These 
uncorrelated source signals are applied through transmission characteristic correcting devices 5-1 5R and 5- 
15L and amplifiers 5-1 6R and 5-1 6L to the loudspeakers 5-1 1R and 5-1 1L, respectively. 

Since the source signals applied to the loudspeakers 5-1 1R and 5-1 1L are not correlated with each 
other, power addition of acoustic signals outputted by the loudspeakers 5-1 1 R and 5-1 1 L can be obtained in 
the sound field. Accordingly, the outputs of the microphones 5-13R and 5-13L are the power additions of 
the acoustic signals outputted by the loudspeakers 5-1 1R and 5-1 1L, respectively. The outputs of the 
microphones 5-13R and 5-13L are applied to an arithmetic unit 5-17, where the addition (power addition) of 
these outputs is calculated. That is, the sound field is assumed as being described by a single transfer 
function. The calculation result of the arithmetic unit 5-17 is displayed on a display unit 5-18. 
The operation of the acoustic characteristic measuring device will be described. 
First, the sound reception characteristic of the human ear and that of a nondirectional microphone will 
be compared with each other using geometrical acoustic expressions. If the sound reception characteristic 
of the human ear is represented as an impulse response R D on the ear drum membrane and an impse P (t) 
is applied to one ear at an incident angle 9<f> n (where n is the number of the sound source, 0 is the horizontal 
angle, and q> is the vertical angle), then the following equation is obtained as the sum in all direction in the 
surrounding 4n space: 

40 RD=Pi(t)-D M (0(|> I ).G, 

where i indicates the i-th sound source, D M is the external transfer function of the human ear with an 
incident angle with respect to a sound source S, and G is the internal transfer function corresponding to 
the acoustic impedance inside the ear. 
46 For instance inside a vehicle, the sound sources, the wall surfaces, the seats and the listening point are 

close to one another, and therefore the free path of a sound wave will vary strongly depending on the 
position of a person seated in the vehicle room. This variation will be defined as "a degree of acoustic 
disturbance D D (9<f>,). If the ear's directional pattern is represented by a head transfer function D^e^,), then : 

50 DmO^hDrO*,) • D D (e4> f ) 

An impulse response including this can be represented by the following expression: 

R D =IP,(t) • DrOc}),) - D^Bfe) G (1 ) 

55 

On the other hand, in the case of a nondirectional microphone, the degree of acoustic disturbance is so 
small that it can be disregarded. Therefore, according to the same technical concept, an impulse response 
R M in the vibrating system is: 

R M =ZP,(t) (2) 

The difference between equations (1) and (2) represents the difference in characteristic between these 
sound reception systems. Of the parameters in expression (1), the internal transfer function G is 
substantially constant, irrespective of the incident direction of sound, and therefore the inverse function 
55 can be normalized by the use of. a one-dimensional electrical system. However, the directional pattern D R 
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° f ac ° ustic disturbance D D , being based on a three-dimensional spatial sound reception 
rSf„f £ C H « n0t be s Y nth e sized a one-dimensional process in an electrical system. That is, with 
S*f* e difference «n characteristics between the two sound reception systems, it is difficult to 
perform the necessary conversion of the data. 

elem^nHn T^unH^^f b °^ e descri P tion / jt ls essential that the microphone, which is a fundamental 
SihTE ? field measuring system, have as sound reception characteristics a directional pattern 
Z ♦ ?u USt ": d,stu . rDance which sre closely equivalent to those of a human body. Accordingly, it 

is effective to use the microphones 5-13R and 5-13L set at the ears of the dummy mannequin 5-1 2 having a 
second absorbing characteristic similar to that of a clothed human body, as described above 

In the above-described sound reception system, the right and left ears have some degree of correlation 
L C T t ? eld (with except,on of headphone sound reception). Therefore, it is difficult to con ftrt 
*2 , P „,22 he _? ran « m ' ss, °" cha ra cteristic for the right and left ears, which is an index of correction of 
the sound field. Therefore, under the assumption that the characteristic obtained by addition of the 
™^' r l SIOn t - raCt f ' St,C de P endent on the ri ght and left ears is the transmission characteristic of the 
fi^? 1 m - aVe !" age ° f the outputs of the microphones 5-13R and 5-13L is obtained by 
eJaluSn 0 a " thmetlC un,t 5 - 17 ' and the characteristic obtained thereby is utilized for the sound field 

ea rh VSfL? th'Trfi' 0 Unit 5 ~l 7, ,n °- rder to " tiIize si gna's at the ears as average levels independent of 
ataSiST^hl! o° s P eCtrum from wh ch vector ^eluding Phase) components are eliminated (the 
?L Pressures at various frequencies) is obtained and is added between the ears. 

. transmission characteristics are each converted into 1/3 octave band average 
^t* H are evaluated as transmission characteristics. This is due to the following reason: Since the 1/ 
the Tn m SP ° ndS subs ? a u nt ! al| y to the human critical bandwithd, analytic data obtained by using 
fj thf £5 ™ d a9 X ee . W ^ W : th the hearing Perception, and the variation of the narrow band spectrum 
in the band scarcely affects the hearing perception. H 

wrfwi" the °f» Se Whe !" e th . e measurement is carried out with the loudspeakers of the different channels 

cHannJ^Z^A ^ 38 rand ° m n ° ise signals whi <* have no corJe.ation beJwS the 

channels are employed as source signals for the loudspeakers 5-1 1 R and 5-1 1 L because in order to satisf^ 

Se a ^r^ eSCnbed measurement Condition <P° wer addition), it is necessary *TS5^2l52S 
rh/nl.! maasunna s, 9 nals *'* not corre lated in generation probability wfth ea^h other be^veen the 
channels. This prevents the mutual interference of the channel signals in the vicinity of the listenTno oomt 

U ri rtUat - ion ° f Retransmission characteristic due to deflection of measuring point" 9 P 
the ^ «„H^" bed P ° Wer ^ ddit '° n Process ' the Plural {two channels of stereo) sound sources and 
the two sound reception systems (the ears) have independent transfer functions, and the sum of these 
Suree* , U rTn h n %' S 95 3 Emission function for the sound reception s^s^ 

ZTfrlth *° h H nd ' e th8Se transfer functi °» a independently of one another, it is essential that the 
T^?^™"** C ° rre,ated betWea " Cha "" a,S - ™ a ™" hecome more apparent 

If, in Figure 19, the outputs of the two sound sources (the loudspeakers 5-1 1R and 5-1 in are 

?3L?bZ anl M R ^A' °T UtS ° f th9tW0 S ° Und reCe P tion SYStemsCmLophones 5-13R anc £ 
13L) by M R and M L and the sound reception systems by Gu,, G u , G RR and G RL , then the outputs M„ a nd \M 
of the microphones in the signal reception systems are: »««puis wi R ana m l 

M L =V(S t • G tL )*+(S R • G RL ) 2 

M^Vj^.G^+tS^Gu,) 2 

For the transmission characteristic with M=M R +M L , the power addition value is M 2 . 

M2 =<S B • G RR ) 2 -HS L • Gu,) 2 +(S L • G u,) a -KS R • G RL ) 2 

+2[V(S R • G^+iS,. ■ G LR ) a • V(S L • GuJ-'+JSn • G RL ) 2 ] 
In the above equation, with respect to the second term: 

2[(S R • G RR ) 2 (S L • Gu.) 2 +(S R • G RR ) 2 (S R • G RU ) 2 
+(S L • Gu,) 2 (S L • Gu.) 2 +(S L • G LR ) 2 +(S R • G RL f]"? 
=2[S R 2 (G RR • Gm.J+S^JGu, • Gu)]. 

Therefore, 

(S R • G RR ) 2 (S R • GrJ^O 
the product of which are not in correlation between the right and left channels. 
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M 2 =S R 2 (G RR +G RL ) 2 +S L 2 (G UL +G LR ) 2 

= [S R (G RR +G RL )+S L (G LL +G LR )] 2 -S R S L (G RR +G« L ) • (G LL 4-G UR ) 
=|S R • G RR +S R - G RL +S L - G LL +S L • G LR | 

Therefore, 

(G RR +G RL ) - (Gu+G LR )=0 

In the above-described embodiment, in the case where the measurement is carried out with plural 
sound sources driven simultaneously, the source signals are not correlated between the channels. 
However, if it is possible to drive the sound sources in a time division manner, then it is not necessary that 
the source signals, are uncorrected. 

Figure 20 is a block diagram showing another embodiment of the invention. In Figure 20, elements 
corresponding to those which have been already described with reference to Figure 19 are therefore 
designated by the same reference numerals or characters. 

In the embodiment of Figure 20, a signal generator 5-14 is provided as a signal source for the 
loudspeakers 5-1 1R and 5-1 1L. A source signal produced by the signal generator 5-14 is applied through a 
changeover switch 5-1 9 to the loudspeaker 5-1 1 R or 5-1 1 L. The outputs of the microphones 5-1 3R and 5-1 3L 
are applied respectively through microphone amplifiers 5-20R and 5-20L to a changeover switch 5-21 used 
to selectively apply the outputs to a memory and arithmetic unit 5-22. When, with respect to the right and 
left loudspeakers 5-11 R and 5-1 1L and the microphones 5-13R and 5-13L, the measurements have been 
accomplished, the mean square value of the outputs of the microphones 5-13R and 5-13L is calculated by 
the memory and arithmetic unit 5-22. This is equivalent to obtaining the average of the power addition of 
the loudspeakers 5-1 1 R and 5-1 1L as a single transfer function. 

Figure 21 is a block diagram showing still another embodiment of the invention. In Figure 21, those 
components which have been already described with reference to Figure 19 are therefore designated by 
the same reference numerals or characters. In the Figure 21 embodiment, a signal having a significant 
amplitude-frequency characteristic, such as a warble tone, pure swept tone or impulse, is employed as a 
source signal for the loudspeakers 5-1 1 R and 5-1 1 L. The acoustic characteristic is measured by-driving the 
loudspeakers 5-1 1R and 5-1 1L in a time division manner. 
30 More specifically, a signal such as an impulse signal produced by the signal generator 5-14 is appiied 

to the transfer function correcting device 5-15 where the transfer function is corrected. The output of the 
transfer function correcting device is applied through the amplifier 5-16 and the changeover switch 5-19 to 
the left loudspeaker 5-1 1L. Sound reproduced by the loudspeaker 5-1 1L, while being affected by the sound 
field, propagates to the microphones 5-13R and 5-13L The outputs of these microphones 5-13R and 5-13L 
35 are subjected to addition in the arithmetic unit 5-17, the output of which is stored in a memory device 5-23. 
Next, the changeover switch 5-19 is operated to select the right channel. As a result, as in the above- 
described case, the loudspeaker 5-1 1R is driven, the outputs of the microphones 5-1 3R and 5-13L are added 
and the result of addition is stored in the memory device 5-23. 

As is apparent from the above description, the source signals are utilized in a time division manner to 
40 drive the loudspeakers 5-1 1R and 5-1 1 L, and therefore, as in the above-described embodiments, the source 
signals applied to the loudspeakers are not correlated with each other between channels. The two signals 
stored in the memory device 5-23 are subjected to addition in the arithmetic unit 5-17, and the result of 
addition is displayed on the display unit 5-18. 

As is clear from the description above, according to the invention, the sound field characteristic can be 
45 treated as a single transfer function by obtaining the power addition or the average of power addition of the 
outputs of the microphones 5-13R and 5-13L set at the ears of the dummy mannequin, the structure of 
which is similar to that of a human body. Sound field correction is performed with respect to the 
aforementioned single transfer function utilizing the transfer function correcting device 5-15, or 5-1 5R and 
5-1 5L inserted in the electrical circuit or circuits in the reproduction system so that it is satisfactorily in 
so agreement with the actual hearing perception. 

In the above-described embodiments, a two-channel stereo acoustic device is employed. However, in a 
four-loudspeaker reproduction device with two pairs of loudspeakers installed respectively at the front 
region and at the rear region of a sound field, the measurement may be achieved by obtaining the power 
addition of the right and left channels of each of the front and rear loudspeakers or by adding in-phase 
55 signals between the front and rear loudspeakers of each of the right and left channels. In this case, it is 
evident that, when the reproduction of a real source is taken into consideration, the same effect can be 
obtained. 

In the above-described embodiment, the sum of the outputs of the microphones on the ears is 
obtained by calculation. However, it goes without saying that the sum of the outputs can be obtained by 
60 analog processing, or it may be obtained according to a method in which the outputs are converted into 
digital data and the digital data subjected to numerical calculation. Furthermore, in the case application is 
made to an automatic graphic equalizer, the sumscan be readily obtained by feeding the outputs back to 
the transfer function correcting devices 5-15, or 5-15R and 5-15L through a microcomputer or the like. 
As is apparent from the above description, with the acoustic characteristic measuring system 
65 according to the invention, the acoustic characteristic is measured according to the outputs of the 
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microphones set on the ears of the human body, the dummy mannequin or the dummy head. Therefore, 
the sound field can be accurately evaluated in agreement with the actual hearing perception. 

Claims 

1. A method for measuring an acoustic transmission characteristic between sound sources (1-1 R, 1-1L, 
1-2R, 1-2L) and a predetermined listening point in a vehicle, wherein: 

a dummy mannequin (1-4) is set at the listening point in a vehicle and microphones (1-3R, 1-3L) are set 
at ears of the dummy mannequin (1-4), the outputs of said microphones (1-3R, 1-3L) being utilized to 
measure the acoustic transmission characteristic, characterised in that said dummy mannequin is similar in 
structure to an actual human body and has a surface sound absorbing characteristic substantially equal to 
an average sound absorbing characteristic of a clothed human body. 

2. A method according to Claim 1, characterised in that: 

random or quasi-random noise signals not correlated with one another are employed as source signals 
for driving the plurality of sound sources (1-1R, 1-1L, 1-2R, 1-2L). 

3. A method according to Claim 1, or Claim 2, characterised in that: 

a received sound output characteristic at the listening point is obtained according to an average of a 
sum of output signals of the microphones (1-3R, 1-3L), and the acoustic transmission characteristic 
between the listening point and the sound sources (1-1 R, 1-1L, 1-2R, 1-2L) is measured according to a 
difference between the received sound output characteristic and a transmission characteristic before the 
sound sources are driven. 

4. Apparatus for measuring an acoustic transmission characteristic between sound sources (1-1 R, 1-1 L, 
1-2R, 1-2L) and a predetermined listening point in a vehicle, characterised by: 

a dummy mannequin (1-4) similar in structure to an actual human body and having a surface sound 
absorbing characteristic substantially equal to an average sound absorbing characteristic of a clothed 
human body, located at the listening point; and, 

microphones (1-3R, 1-3L) located at ears of the dummy mannequin (1-4), outputs of the microphones 
(1-3R, 1-3L) being utilized to measure the acoustic transmission characteristic. 

5. Apparatus according to Claim 4, comprising an acoustic graphic equalizer comprising: means (3-8) 
for applying a test signal to first and second channel audio signal lines; graphic equalizer means (3-2) 
provided in the audio signal lines and having an adjustable frequency characteristic; first and second 
loudspeakers (3-4R, 3-4L) for radiating sound in response to channel outputs of the graphic equalizer 
means (3-2) in a predetermined sound field; and control means (3-6, 3-7) for controlling the frequency 
characteristic of the graphic equalizer means (3-2) according to a level of a detection signal provided by the 
microphones. 

6. Apparatus according to Claim 5, wherein: 

the applying means (3-8) comprises means (3-61 ) for applying the test signal selectively to the first and 
second channel audio signal lines; 

the control means (3-6, 3-7) comprises characteristic detecting means (3-6), for detecting a frequency 
characteristic of an output of each microphone, and microphone output selecting means (3-62) for applying 
outlets of the first and second microphones (3-5R, 3-5L) selectively to the characteristic detecting means (3- 
6); and, 

the characteristic detecting means (3-6) comprises: means for detecting and adding, when the test 
signal is applied to the first channel audio signal line, outputs of the first and second microphones to 
provide a detection addition output level and, when the test signal is applied to the second channel audio 
signal line, outputs of the first and second microphones to provide a detection addition output level, the 
graphic equalizer means (3-2) being controlled according to the detection addition output levels. 

7. Apparatus according to Claim 6, wherein: 

the control means (3-6, 3-7) comprises means (3-6) for dividing an output of the microphone output 
serecting means into separate outputs in a plurality of frequency bands, and 

the detecting and adding means comprises means for performing the detecting and adding for 
subjecting all outputs of the dividing means to addition with respect to outputs of the two microphones in 
like frequency bands. 

8. Apparatus according to Claim 4, having an automatic sound field correcting system, comprising: 
graphic equalizer means (4-4) provided in a first line through which an audio signal is supplied to 

electro-acoustic transducer means (4-5, 4-6); 

test signal generating means (4-3) for generating a test signal for causing the electro-acoustic 
transducer means (4-5, 4-6) to radiate a test signal sound having a predetermined characteristic in a 
listening space; 

control means (4-8, 4-10) for processing output signals of the microphones (4-7) to discriminate a 
sound field frequency characteristic and adjust a frequency characteristic of the graphic equalizer 
according to a discrimination result; and, 

compensating means (4-1 1 ) provided in one of the first line through which an audio signal is applied to 
the electro-acoustic transducer means (4-5, 4-6) and a line of processing output signals of the two 
microphones. 
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9. Apparatus according to any of Claims 5 to 8, wherein the test signal used within the automatic 
graphic equalizer is one of a white noise signal, a pink noise signal, and a warble tone signal. 

10. Apparatus according to Claim 4, wherein the microphones comprise a pair of symmetrical 
microphones (5-1 3R, 5-13L), and further comprising power addition means (5-17) for adding outputs of the 
pair of microphones to measure the acoustic characteristic. 

1 1. Apparatus according to Claim 10, further comprising means (5-15R, 5-1 5L) for correcting a synthetic 
transfer function provided in an electrical circuit in the stereo acoustic reproduction system, the correcting 
means (5-1 5R, 5-1 5L) being controlled according to a result of measurement of the acoustic characteristic. 

12. Apparatus according to Claim 10 or Claim 11, further comprising means (5-19, 5-15R, 5-1 5L) for 
performing signal processing of source signals driving the plurality of sound sources (5-1 1R, 5-1 1L) such 
that the source signals are uncorrelated with each other between the channels. 

13. Apparatus according to any of Claims 10 to 12, further comprising means (5-14, 5-15, 5-16, 5-19) for 
applying a source signal to the plurality of sound sources in a time division manner. 

75 Patentanspruche 

1 . Verfahren zum Messen einer akustischen Obertragungs-Charakteristik zwischen Schallquellen (1-1 R, 
1-1 L, 1-2R, 1-2L) und einer vorgegebenen Abhorstelle in einem Fahrzeug, bei dem an die Abhorstelle in 
einem Fahrzeug eine Puppe (1-4) gesetzt wird und an den Ohren der Puppe (1-4) Mikrophone (1-3R, 1-3L) 
angebracht werden, deren Ausgangssignale zur Messung der akustischen Obertragungs-Charakteristik 
benutzt werden, dadurch gekennzeichnet, daB der Aufbau der Puppe dem eines menschlichen Korpers 
ahnlich ist und schaliabsorbierende Oberflachen-Eigenschaften besitzt, die den durchschnittlichen, 
schallabsorbierenden Eigenschaften eines angekleideten menschlichen Korpers im wesentlichen gleich 
sind. 

2. Verfahren gemaB Anspruch 1, dadurch gekennzeichnet, daB willkurliche oder scheinbar willkurliche, 
nicht zueinander in Beziehung gebrachte Schallsignale ais Quellensignale zum Antrieb der Schallquellen 
(1-1R, 1-1L, 1-2R, 1-2L) verwendet werden. 

3. Verfahren gemaB Anspruch 1 oder Anspruch 2, dadurch gekennzeichnet, daB entsprechend einer 
durchschnittlichen Summe der von den Mikrophonen (1-3R, 1-3L) abgegebenen Signale an der Abhorstelle 
eine Schallabgabe-Charakteristik empfangen wird und die akustische Obertragungs-Charakteristik 
zwischen der Abhorstelle und den Schallquellen (1-1R, 1-1 L, 1-2R, 1-2L) gemaB einer Differenz zwischen der 
empfangenen Schallabgabe-Characteristik und einer Obertragungs-Characteristik gemessen wird, bevor 
die Schallquellen angetrieben werden. 

4. Gerat zum Messen einer akustischen Obertragungs-Charakteristik zwischen Schallquellen (1-1 R, 1- 
35 1L, 1-2R, 1-2L) und einer vorgegebenen Abhorstelle in einem Fahrzeug, dadurch gekennzeichnet, 

daB einem wirklichen menschlichen Korper der Aufbau einer Puppe (1-4) ahnlich ist, deren 
schaliabsorbierende Oberflacheneigenschaften mittleren schallabsorbierenden Eigenschaften eines an der 
Abhorstelle gelegenen, angekleideten menschlichen Korpers im wesentlichen gleich sind, 

und daB an den Ohren der Puppe (1-4) Mikrophone (1-3R, 1-3L) angeordnet sind, deren 
40 Ausgangssignale zum Messen der akustischen Obertragungs-Charakteristik verwendbar sind. 

5. Gerat gemafc Anspruch 4, mit einem akustischen Graphikentzerrer, der Hilfsmitte! (3-8) zum Anlegen 
eines Prufsignals an zwei Audiokanal-Signalleitungen aufweist, in denen eine Graphikentzerrerschaltung 
(3-2) mit einer einstellbaren Frequenzcharakteristik und zwei Lautsprecher (3-4R, 3-4L) zum Abstrahlen des 
Schalls in Ubereinstimmung mit den von der Graphikentzerrerschaltung (3-2) in einem vorherbestimmten 

45 Schallfeld abgegebenen Kanalsignalen vorgesehen sind, und mit einer Steuerung (3-6, 3-7) zur 
Beeinflussung der Frequenzcharakteristik der Graphikentzerrerschaltung (3-2) in Abhangigkeit von der 
GroBe eines von den Mikrophonen wahrgenommenen und gelieferten Signals. 

6. Gerat gemaB Anspruch 5, bei dem die Hilfsmittel (3-8) eine Schaltung (3-61) zum wahiweisen 
Anlegen des Prufsignals an die beiden Audiokanal-Signalleitungen enthalten, die Steuerung (3-6, 3-7) eine 

so eine Charakteristik wahrnehmende Schaltung (3-6) zur Wahrnehmung der Frequenzcharakteristik des 
Ausgangssignals jedes Mikrophons und eine die Ausgangssignale der Mikrophone auswahiende 
Schaltung (3-62) enthalt, urn die von zwei Mikrophonen (3-5R, 3-5L) ausgegebenen Signale wahlweise an 
die eine Characteristik wahrnehmende Schaltung (3-6) anzulegen, 

und bei dem die eine Charakteristik wahrnehmende Schaltung (3-6) Hilfsmittel zur Warhnehmung und 

55 zum Addieren der Ausgangssignale zweier Mikrophone enthalt, urn eine infolge der Wahrnehmung sich 
ergebende AdditionsgroBe auszugeben, wenn das Prufsignal der ersten Audiokanal-Signaileitung 
zugeleitet wird, und eine infolge der Wahrnehmung sich ergebende AdditionsgroBe auszugeben, wenn das 
Prufsignal der zweite Audiokanal-Signaileitung zugeleitet wird, wobei die Graphikentzerrerschaltung (3-2) 
gemaB den infolge der Wahrnehmung sich ergebenden AdditionsgroBen gesteuert wird. 

so 7. Gerat gemaB Anspruch 6, bei dem die Steuerung (3-6, 3-7) eine Schaltung zum Teilen der Signale, 

die von den die Mikrophon-Ausgangssignaie wahlenden Hilfsmittein abgegeben werden, in gesonderte 
Ausgangssignale innerhalb mehrerer Frequenzbander enthalt, 

und bei dem die Hilfsmittel zum Wahrnehmen und zum Addieren alle Ausgangssignale der Schaltung 
zum Teilen einer Addition hinsichtlich der Ausgangssignale der beiden Mikrophone in gleichen 

65 Frequenzbandern unterzeihen. 
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8. Gerat gemaB Anspruch 4 mit einem seJbsttatigen, ein Schallfeld korrigierenden System, das 
eine Graphikentzerrerschaltung (4-4) In einer ersten Leitung, uber die ein Audiosignal einem 

elektroakustischen Wandler (4-5, 4-6) zugefuhrt wird, 

einen Prufsignalgenerator (4-3), urn den Wandler (4-5, 4-6) zur Abstrahlung eines erzeugten 
akustischen Prufsignals mit einer in einem Abhorraum vorherbestimmten Charakteristik zu veranlassen, 

erne Steuerung (4-8, 4-10) zur Bearbeitung der von den Mikrophonen (4-7) abgegebenen Signalen, urn 
eine Frequenzycharaktenstik des Schallfeldes auszusondern und gemaB dem Aussonderungs-Ergebnis 
eine Frequenzcharakteristik des Graphikentzerrers einzustellen, 

und eine Kompensationsschaltung (4-11) in einer Leitung enth§lt, uber die ein Audiosignal dem 
elektroakustischen Wandler (4-5, 4-6) und eine Reihe der Bearbeitung dienender, von den beiden 
Mikrophonen abgegebener Signale gefuhrt wird. 

9. Gerat gemaB einem der Anspruche 5 bis 8, bei dem das Prufsignal, das in dem selbsttatigen 
Graphikentzerrer verwendet wird, aus einem weiBen Schallsignal, einem rosa Schallsignal und einem 
zeithch veranderiichen Schallsignal besteht. 

10. Gerat gemaB Anspruch 4, bei dem die Mikrophone zwei symmetrische Mikrophone (5-13R, 5-13L) 
und Stromsummiermittel (5-17) zum Addieren der von den beiden Mikrophonen abgegebenen Siqnale 
enthalten, urn die akustische Charakteristik zu messen. 

11. Gerat gemaB Anspruch 10, bei dem Hilfsmittel (5-15R, 5-15L) zur Korrektur einer synthetischen 
Ubertragungsfunktion vorgesehen sind, die in einer elektrischen Schaltung des akustischen Stereo- 
Reproduktionssystems entstanden ist, wobei die korrigierenden Hilfsmittel (5-15R, 5-15L) entsprechend 
dem MeBergebnis der akustischen Charakteristik gesteuert werden. 

12. Gerat gemaB Anspruch 10 oder Anspruch 11, das ferner Hilfsmittel (5-19, 5-15R, 5-15L) fur eine 
solche Bearbeitung von mehrere Schallquellen (5-1 1R, 5-1 1L) antreibenden Quellensignalen enthalten, daB 
die Quellensignale zwtschen den Kanalen nicht zueinander in Beziehung stehen. 

13. Gerat gemaB einem der Anspruche 10 bis 12, das Hilfsmittel (5-14, 5-15, 5-16, 5-19) fur eine 
Zuleitung eines Quellensignals zu mehreren SchallqueJIen auf Zeitteilungsbasis aufweist. 

Revendications 

1 L !'£° ?2V5 M^ a rf Ur ! S" nG c + arart f^ s tique de transmission acoustlque entre des sources de son (1-R, 
i-L, 1-2R, 1-2L) et un point d ecoute predetermine dans un vehicule, dans lequel 

sont^aSsaTx^S ^nZ^T^ *** " *" m >™P*™* < 1 " 3R ' ^ 

t ra ^TjTsZe miCrOPh ° neS (1 " 3R ' 1 " 3U *"* Uti,iS§eS P ° Ur meaSUrer ,a de 
^e^ raCteriSe Sn ? U9 ,ed * fau * mannequin est similaire dans sa structure a un corps humain reel et 
SSSULTk"™ ^ r,s 5 que d ' a , b sorption de son en surface pratiquement egale a une caracteristique 
moyenne d absorption de son d'un corps humain vetu. M 

2. Precede selon la revendication 1, caracterise en ce que: 

des signaux de bruits aleatoires ou quasialeatoires sans correlation entre eux sont utilises comme des 
signaux de source pour attaquer les plusieurs sources de son <1-1R, 1-1L. 1-2R 1-2L) comme aes 

3. Procede selon la revendication 1 ou la revendication 2, caracterise' en ce'que- 
e « m l ne w araC - ter,St,q il e de 6 ° n l e de son recu au point d ' e coute est obtenue en fonction de la moyenne de la 
»°JT.T« SI ?" a . UX d ? S ^' e d6S micro P h <> n es 1-3R, 1-3L) et en ce que la caracteristique de transmission 
acoustique entre le po.nt d'ecoute et les sources de son (1-1R. 1-1L, 1-2R. 1-2L) est mesuree en fonction de 
a difference entre la caracteristique de sortie de son regue et une caracteristique de transmission avant que 
les sources de son soient attaquees. -vain H u« 

<l . ? £ PP i% ei ! d J ™ esure d ;? ne caracteristique de transmission acoustique entre des sources de son (1-R, 
i-L, 1-2R, 1-2L) et un point d ecoute predetermine dans un vehicule, caracterise par 
~J£T" ma " n8 9 uin (.1-4) dont la structure est similaire a celle d'un corps humain reel et ayant une 
caracteristique d absorption de son en surface pratiquement egale a la caracteristique moyenne 
d absorption du son d'un corps humain vetu situg au point d'ecoute- et 

n ™ e ? m » C ^ Pt V >n ^ ( ?" 3U 1 " 3L) Situ6s auX oreilles du faux mannequin (1-4), les sorties des microphones 
ti-3H, 1-3L) etant utilisees pour mesurer la caracteristique de transmission acoustique 
^. 5 - fy*™ 1 ? e,on jarevendication 4, comportant un correcteur graphique acoustique comprenant: un 
dispositif (3-8) destine a appiiquer un signal d'essai a des lignes de signaux de son d'un premier et d'un 
second canaux; un dispositif de correction graphique (3-2) prevu dans les lignes de signaux de son et avant 
une caracteristique de frequence reglable; un premier et un second haut-parleurs (3-4R. 3-4L) destines a 
emettre un son en rSponse a des sorties de canaux du dispositif de correction graphique (3-2) dans un 
champ sonore predetermine; et un dispositif de commande (3-6, 3-7) destine a commander la 
caracteristique en frequence du dispositif de correction graphique (3-2) en fonction du niveau d'un signal 
de detection produit par les microphones. 

6. Appareil selon la revendication 5, dans lequel: 

le dispositif d'application (3-8) comporte un dispositif (3-61 ) destind a appiiquer selectivement le signal 
d essai aux lignes de signaux de son du premier et du second canaux; 
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a h J 6 ? SP ° Sitif dS c ° mmande < 3 " 6 ' 3- 7 > comporte un dispositif de detection de caracteristique (3-6) destine 
L tort ! r H U r e c . aractenstlI '" e c B n frequence d'une sortie de cheque microphone et un dtepSSde JSSZ 
de sortie de microphone (3-62) destine a appliquer selectivement les sorties du oremie et dl . J™h 
microphones (3*R, 3-5L) au dispositif de detection de caracteristique (3-6) et 

ledispositif de detection de caracteristique (3-6) comporte: un dispositif de detection et d'addition 

duT^' 9 ^- ' d 6St a PP««» u « 8 la »9 ne da si S"aux de son du premier canaideSS du premier S 
du second microphones pour produire un niveau de sortie d'addition de detection Pt LnH , 

mSnnh™ ^"'^ * ^ ^ * SignaUX de SOn du Second daa a °*ie £ premier et du seTnd 

microphones pour produ.re un niveau de sortie d'addition de detection, le dispositif de cordon 
graphique (3-2 etant commande en fonction des niveaux de sortie d'addition dVdSon correct '°" 
7. Appareil selon la revendication 6. dans lequel: aetection. 

di S nlf< ! it d ii S H« Sit M Cl t CO T ande - (3 " 6 ' 3 - 7) com P° rte ™ dispositif (3-6) destine a diviser une sortie du 
USSL et S " de SOrt ' e de micr °P hone en des so*** separees dans plusieurs bandes de 

i' a Hr!ft; d i SP t° Sitif d - e da * ection et d ' additi ° n comporte un dispositif destine a effectuer la detection et 
I addit.on de man.ere a soumettre toutes les sorties du dispositif de division a une add fion in , Jr. 
concerne les sorties des deux microphones dans des memes bandes de frequence 06 qU ' 

sonore SmSrtStT reVendicat,on 4 ' «mportam un systeme de correction automatique de champ 

un dispositif de correction graphique (4-4) prevu dans une premiere ligne par laauelie un sianel ri* «™ 
est applique au dispositif transducteur electroacoustique (4-5 4-6)- 'aquelle un signal de son 

d^n^itS'?^ g t nerat f, ur de si 9 naux d ' essai (4-3) destine' a produire un signal d'essai par lequel le 

frequence du correcteur graphique en raison d'un resultat de discrimination; et car ^ter,st,que en 

«on u " d,spos,t,f . de compensation (4-11) prevu dans I'une de la premiere ligne par laquelle un sianal de 
so £ n na?x SSZ iSSSSSST" 6 ~ idua «> «^- P .»»^» 2e 
nnrn 'Jl?.? 3 ™ 1 I!*' 0 " '' Une a - uelconc ' ue des revendications 5 a 8, dans lequel le signal d'essai utilise dans le 
ZJSSXSST aUt ° mat,que eSt un de bruit b.anc. un signal de bruifintermitten! ^ou un signal 

m ■.,™ h ApPa^e,, Sei °" ' a / evendicati on 4, dans lequel les microphones comprennent une nartie de 
EfEln™ S ^ etnqUeS , <5 " 13R ' 5 " 13L) et important en outre un dispositif d'addition ae ^uissaSe (5- 
17) destine a add.tionner les sorties des deux microphones pour mesurer la caracteristiqul a^ouSe 

11 Appareil selon la revendication 10. comportant en outre un dispositif (5-15R. 5-15L) Snfa 
rfnr^ 8 t""' f ° nCt ' 0 . n de tr ? nsfen a Vnthetique formee dans un circuit Lctrique Sans le sUtlme de 
reproduction acoust.que stereophonique, le dispositif de correction (5-1 5R 5- I5L) etent mmr2 !„ 
fonct.on d un resultat de mesure de la caracteristique acoustique commande en 

15R 1 ! H-l 56 !^" '« revandication . 10ou ,a revendication 11, comportant en outre un dispositif (5-19 5- 
soui de son (5 11R B rm d" traitemer " de si 9 nau * de si 9"aux de source attaquanUeVp useufs 
entre tes canaui man ' ere ^ S ' 9naUX d ° S ° UrCe de S ° iant pas en Elation entre eux, 

14 ^o^l! lll°d 6 'inn U ! IC T qUe d6S ? vend i cations 10 a comportant en outre un dispositif (5- 
temporelle appliquer un signal de source aux plusieurs sources de sont. en division 



20 



25 



35 



40 



45 



50 



55 



60 



65 



15 



BNSDOCID: <EP _0165733B1J_> 



EP 0165 733 B1 



FIG. 1 PRIOR ART 



LchO 
RchO 



CONTROL 
SIG. 




3-4L 



3-4R 



3-8H NO 
GEN 



FIG. 2 PRIOR ART 



3-9 



FROM 
MIC 




3-10 


3-11 

* 


3-12 


fi 














*2 















f. 



3-13 



,3-5 

D-i 



3-14 
J 



A/D 



r 

BANDPASS RECTIFYING SMOOTHING SWITCH 
FILTERS CKT. CKT. 



cr 

UJ 

d 

or 



■O 
o 



F/G 34 



LEVEL 
(dB) 




<1 <2 f3 14 *5 



FIG. 3B 
PRIOR ART 



LEVEL 
(dB) 




fi *2 f3 U t5 



1 



<EP 0165733B1J_> 



EP 0165 733 B1 



FIG. 4A 
PRIOR ART 

_TK 3 ' 4L 





FIG. AB 
PRIOR ART 



3-4R 




*f1 



INPUT 
SIGNAL I 
SOURCE 



F/6. 5 



4-4 

Jl 



GRAPHIC 
EQUILIZER 



TEST 
SIGNAL 
GEN. 



^-3 



4-5 



POWER 
AMP 



KT 



4-7 

ib-, 



t , 


4-10 


4-9 


CONTROL 
CKT. 




. AID 






CONVERTER 





I" 8 



FREQUENCY 
CHARACTERISTIC 
DETECTING CKT. 



FIG. 6 




2 

_0165733B1J_> 



EP 0 165 733 B1 




5-1L 



Lf] 

5-1R 



FIG. 6 
PRIOR ART 



5-5L 
_J_ 



AMP 



AMP 



5^5R 



5-4L 

6 



TRANSMISSION 
CHARACTERISTIC 
CORRECTING DEVICE 



TRANSMISSION 

CHARACTERISTIC 

CORRECTING DEVICE 
9 — 

5-4R 



5-3 



5-2 



SIGNAL 
GEN. 



5-6^ 



5-7 



DISPLAY 
UNIT 



3 



_0I65733BI_I_> 



EP 0165 733 B1 




EP 0 165 733 B1 



0.8- 



i 0,7 

CD 

< 0.5 



0.3 
0.2 
0.1 



125 



FIG. 10 




500 




i 

2K 



■ 



FREQ.(Hz) 



FIG. 11 



,-3-61 



L-chO- 



RchO- 



rrr 



3-8' 




PINK 

NOISE 

SOURCE 



3-2 
_i_ 



GRAPHIC 
EQUILIZER 



3 f 



CONTROLLER 

1 L_ 




FREQ. CHAR, 
MEAS. SEC. 



I 



<EP 0165733B1_I_> 



EP 0165 733 B1 



FIG. 12 



3-5L 




3-5R 



FROM ^ 
MIC °" 



MIC 



O- 



Rch 
O- 



777" 

3-8 



FIG. 13 



3-9 



i 



3-63 ,3-11 



CENTER FREO. 

VARIABLE 

FILTER 



I 



_ RECT. 
CKT. 



1 



3-12 ,3-14 



SMOO- 
THING 
CKT. 



A/D 



ID 



o 

VP 



3-9 



F/G. 74 




Jr 



RECT. _^ 
CKT. 



SMOOTHING 
CKT. 



A/D —-CONTROLLER 



x 
<_> 



-3-61 



GRAPHIC 
EQLBLIZER 



PINK 

NOISE 

SOURCE 



3 i 




22 



3-65 



I 



CONTROLLER 



"CONTROL SIG. 



r; A 3 4 3 u 

□ill 5 3 " 62 



3-5R 



FREQ. CHAR. 
MEAS. SEC. 



SW. 



6 



.01 6573381 _l_> 



EP 0 165 733 B1 



FIG. 16 



LchO 



RchO 



3-67. 



-L-L 



TEST SIG 
GEN 

— c=z 



CONTROL rv 
SIG. °^ 



3-66 




3-2 
L_ 

GRAPHIC 
EQUILIZERl 



TEST SIG. 
GEN. 



1 



CONT- 
ROLLER 



3-7 




FREQ. CHAR 
MEAS. SEC. 



SW. 



FIG. 17 



INPUT 
SIGNAL 
SOURCE 




A-3-tJ 



TEST 

SIGNAL 

GEN. 



4-10 



CONTROL 
CKT. 



5 s 



4-5 



GRAPHIC 




POWER 


EQUILIZER 


o »- 


AMP 



A/D 

CONV. 



21 



COMPEN- 
SATING 
CKT. 



4-6 
7 



A" 8 



FREQUENCY 
CHARACTERISTIC 
DETECTING CKT. 



7 



_016S733B1_L> 



EP 0 165 733 B1 



fa,. 



' A 



INPUT 

SIGNAL 

SOURCE 



4-12' 



4-3- 



4-10" 



FIG. 18 



COMPEN- 
SATING 
CKT 

♦ 



4-4 



GRAPHIC 
EOUILIZER 



TEST 

SIGNAL 

GEN. 

~T~ 



CONTROL 
CKT. 



A" 5 



POWER 
AMP 



4-6 





< ? 8 


A/D 




FREQUENCY 
CHARACTERISTIC 
DETECTING CKT. 


CONV. 





F/G. 7S> 



AMP — 




TRANSMISSION 
AMP — CHARACTERISTIC 
CORRECTOR 



5-15L 



— NOISE GEN. 



TRANSMISSION 

CHARACTERISTIC 

CORRECTOR 

5-15R 



5-141. 



] 



NOISE GEN. | 



5?14R 



ARTIHMETIC 
UNIT 




i 




DISPLAY 



8 



BNSDOCID: <EP 0165733B1_L> 



FIG. 20 



LA 

11L 



11R 



5-16L 



AMP 



AMP — 



5-16R 



5-15L 



TRANSMISSION 

CHARACTERISTIC 

CORRECTOR 




5-14 



TRANSMISSION ? 
CHARACTERISTIC — 1 
CORRECTOR 



5-15R 



NOISE GEN. | 



5-12-^ 
5-13L 



St 



5-13R 



T 

A 



11L 11R 



5-20R 



- AMP 



5-21 



5-22 



AMP 




ARITHMETIC 
UNIT 



5£l8 



DISPLAY 



5-20L 

FIG 21 



5-19 5-16 



AMP - 



5-1 5 



TRANSMISSION 
CHARACTERISTIC H 
CORRECTOR 



5-U 



NOISE GEN.] 



5-1 3L^ 



T 
A 



MEM. 

m 



-5-23 



ARITHMETIC 
UNIT 

£ 7 



DISPLAY 
5-18 



BNSOOCID: <EP Q165733B1_I_> 



